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3u Fi&M of tiis Xnvsntioa 

The present Invention is directed to a multi- 
s radio communication systsa capable of digital 

analog communi cations, ana aors particularly, to 
a TSMA duai-mode digital cellular telephone wherein 
analog communications are provided by digital 
technology, 

10 2, Discussion of Related Art 

As the density of two way radio communication 
increases, tfcsrs is an increasing pressure to service 
more telephones in a given geographic region. The 
pressure is exacerbated because of the limited number 

IS of frequencies a geographic- area is allotted for a 
given use* 

The existing mm cellular system in the United 
States uses anaiog~FM for voice transmission. 
Because of the demand for significant increases in 

20 traffic capacity over the same frequency spectrum 
currently used in analog systems for lower cost 
operation and additional mobile telephone features, 
such as battery-saving capabilities, a transition is 
feeing made from analog to digital communications in 

as cellular telephone systems. 

Time Division Multiple Access fTDMA) is t he- 
digital format chosen for the new generation of 
cellular phones, 

Digital TPHA offers seme very important 

30 advantages over the analog-PM »AMPS* system. Among 
these are a 3~to~l call to channel ratio, better 
interference rejection, and much higher degree of 
speech security. Clearly the 3~to~l call ratio is of 
much interest to the Metropolitan Statistical Area 
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(MSA) sv&- , • : ^raters with trait ie congestion 
C system busy) prolsiems.. 

& cttllttl** phons sfstes which utilises both 
and digital cellular telephone standards has 
3 bean contemplated. The Electronics Industries 
Association (EXA) and the Telecommunications 
Industries association (T1A) , which establish minimal 
standards for utilizing the public airways and 
telephone lines, have outlined the operating format 

10 for a dual-node TDKA/Analog cellular phone in the 
EIA/TIA decant IS -54 » & dbal-node system would 
t*nd to bridge the transition time, for switching over 
from analog systems to digital systems as veil as 
permit the continued: a&istenca of analog only systems 

IS in mural Statistical Areas (RSAs) f for instance, 
0\,S , Patent Mo* S,li§s,3§? to Dahlin et al>, 
herein incorporated by reference, discloses a 
coxabi ned analog and digital cellular telephone system 
which permits analog, digital and deal analog/digital 

20 mobile stations to coexist in a flexible manner. 

That patent discloses the parallel introduction of a 
separate digital system while leaving the fixed 
analog system unmodified, A secondary set of control 
channels are added so that, where a separate digital 

2S system does exist , the mobile stations with digital 
capabilities will scan and read the secondary set of 
control channels. If the separate system does not 
exist, the mobile stations with dual analog/digital 
capabilities will reborn to scan the primary set of 

30 control channels, which control analog 

communications, That patent does sot address details 
of a duel -node analog/digital cellular shone, 

U , S3 , Patent Mo* 4,85?, SIS to Andres et aL 
discloses a paging system which is compatible with 

3 5 transmissions from analog and digital paging 

transmitters for receiving short digital or analog 
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messages, While the i ire et - N * escribes 

reception of pagsts from sither analog or digital 
transmitters? it does not disclose a. cellular 
telephone .system in which a mobile telephone may 
5 select either a digital or an analog control channel. 



SUMMARY OF THE XNVEK'HOH 
the present invention re~uses the digital 
processing circuit of a mobile telephone unit to 
achieve analog communications t thus avoiding the need 

10 for a substantial masfeer of duplicate parts. The 

mobile sat is as compact as a norstal calinlar phone., 
and easily and quickly installed. Furthermore, the 
dual -mode cellular phone allows a user to access 
either an analog cell base station or a digital cell 

■W .base station aM can result in the user being given 
preferential treatment by a dual-mode cell base 
station. 

Due to the more efficient use of the limited 
radio spectrum, digital channels will be used first 
SO ntkuem digital capable mobiles are reguesting service. 
In an area where system "busies* are chronic, the 
dual -mode phones will have the highest probability of 
completing a call, 

&5 dual-mode signal processing system including a 

receive circuit for converting analog or digitally 
modulated received signals into an intermediate 
digital form for processing a transmit circuit for 
converting analog or digital signals to an 

3$ intermediate digital form and then modulating a 

transmit signal,, and signal processors for processing 
the intermediate digital signals and the signals to 
be transmitted., wherein the signals can be processed 
into digital or ana 2 eg format using substantially r,he 
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saat circuitry, thus avoiding the need for a. 
substantial mafear of duplicate parts. 

SPIFF DESCRIPTION OF TKE DRAWINGS 
The. invention will now b& described in detail 
5 vith reference to the accompanying drawings in which t 
Figure X (A and Bl is a schematic of HP 
circuitry in accordance with the present invention? 

Figure. 2 (K and B) is a schematic of the digital 
circuitry in accordance, with the present invention? 
2h figure 3 is the Boolean p&mr control logic of 

the present invention .? 

Figure 4 is a functional block, diagram of a 
first custoas integrated circuit or ASIC node-named 
KATIE ? 

: V 5 Figure S is a diagram of the mm interfaces? 

Figure 0 in a diagram of a second integrated 
circuit code-named ABBIS and associated audio paths $ 

Figure 7 is a functional block diagram of the 
transmitter path of the present invention? 
20 Figure S is a functional block diagram of the 

receiver path of the present invention? 

Figure § is a functional Mack diagram of an 
inter leaver? 

figure 10 is a diagram illustrating relative 
25 phase changes $ 

Figure %.l illustrates the make-up of a traffic 
channel t 

Figure 11 is a diagram of a speech encoder need 
in the preferred embodiment of the invention? 
m Figure 13 is a diagram of digitaI~to~analog 

converter used in a preferred embodiment of the 
present invention? 

Figure 14 illustrates the construction and 
circuit symbol of a distributed RC lines 



~4~ 



wo 9i/ism 



P 3 SJS9 10332 



Figure X! x ! t burs stadt* atos 

arrangement; 

Figure 16 illustrates a preferred arrangement of 
a svitoh-tunafeie SC null device ; ana 
S Figure 17 illustrates a preferred arrangement of 

a stepwise adjustable nulling resistor for use vitfc 
the device shown in Figure «u 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 
embodiment of the present invention includes 
10 digital cellular phones which are alee analog: 

compatible? a anal -mods phone, fhe analog section 
functions identically to previous models of analog 
phones though it re-uses wany of the components 
developed for the digital portion. This enables the 
13 production of a dual -wad* transceiver with the earns 
physical dimensions as in pr«vio»s analog-only 
models* Thus* a user who already has a huilt~in ? 
analog-only model can be upgraded to digital 
capability in a matter of minutes without the cost of 
26 a new installation. 

In an effort to minimise cost and power 
consumption, as siuch of the radio hardware is need in 
both modes as is possible. 4 software change and 
some hardware operating mode changes are all that is 
2S needed to switch from analog to digital and bask in 
the preferred embodiment. 

The main differences between the two modes are 
the rate at which the transmit, and receive interfaces 
run and the type of software running in the DSPs 
36 (Digital Signal Processors), 

Bach tine a made change is required the 

- r terfaeess to 

change rates and downloads a completely different set 
of software to the DSPs, One DSP 144 (Figure 2) 



performs all transmit functions, and a second DSP 142 
performs all rse«iw functions, 

in that there ere B completely different 

sets of software in the Read Only (PIASS-TOB) Memory 
3 13 6. One sot for the microprocessor and four set© 
for the DSPs (analog transmit, analog receive, 
digital transmit, imi digital receive) . The DSPs are 
in one implementation RAM-bassed, meaning that they 
store ail of their executable software in mM. 'Ihe 

10 four eets of DSP software are retrieved from the 
FIASB PPPOM 6 and downloaded to each DSP as 
necessary* The analog .software fits entirely in each 
DSP^s on-chip Rtt. Depending on the amount of MM 
available, it may be necessary to employ additional, 

15 external &&M chips 148 and IS® to accommodate the 
digital-mode programs. An alternative embodiment 
includes ROM~based DSPs which may have permanently 
programmed software, that can contain analog and 
digital, mods software without supplementary external 

20 memory* 

In analog mode, the mobile occupies two 
frequencies; one for transmit and one for receive. 
In digital mode, this would, not conventionally have 
bean necessary, since the mobile could foe receiving 

m at a different time than that of its transmit slot. 
However, sines the mobile according to the present 
invention is to he compatible with the current analog 
systems, it dose in fact use a separate frequency for 
digital receive and transmit , The system called 

t iX« is used such that it is not 
transmitting whiie receiving, the tima-dupiese order 
is yransmit.-Eeceiye»Scan'-Transmit»'Peoeive«<Scen in the 
6 time slots described in below. Since the exact 
same operation is done in both time slots (1 and 4, f 

3 5 and S, or 3 and S) , the mobile refers to a frame as t 
only 3 rime slots (20 ms) * it is performed twice to 
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produce the €i slots (40 ms) as described below m 
order to alio? for future mobiles tfeat will -transmit 
only in slot 1 and receive in slot. 2, by cosapr@ssi.ng 
further the amount of information needed to represent 
5 speech, thus achieving a turthwr advantage. 

With reference to figure l t a dup lexer filter 
100 allows fall duplex operation in analog mode by 
separating the transmit and receive signal paths, h 

located on the side of the radio, This connecter Jl 
protrudes -through the aluminum casting and connects 
directly to the printed circuit board* ttm W input 
to the duplexer 100 is from a transmit power 
25 amplifier 117. The HF output is from the duplexes 
100 to a first HF amplifier 101 of the receiver 
circuit. 

The transmit circuit includes a miltipiier 113 , 
an I/O modulator IIS, a mixer 116 f a channel 

20 synthesiser lid, a power control circuit (not shown) , 
and a power amplifier 117, it operates over a 
frequency range of B24*m mz to 848*37 Mis in the 
preferred embodiment. Modulation is accomplished at 
the 1/Q modulator lis, whose carrier fregueooy is 

25 supplied by the output, e.g., lie .64 HHz, of the 

multiplier 113, The transmit fregnemcy is generated 
toy mixing output of the channel synthesizer 110, as 
modified toy a buffer amplifier 111, and the output of 
the 1/Q modulator IIS* It is then amplified, through 

30 a gain controlled stage 11? a end filtered at TI 
filter 117b before being coupled into the linear 
power amplifier 117 o, 

The transmitter intermediate frequency TX IF of 
lie. 64 MBz is generated by multiplying, via the 
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multiplier XX3* a ref Irenes signal from a ref erases 
signal generator or oscillator 1X2 by a factor of 

The transmit pomr control circuit (not shown) 
aey employ a closed-loop S*F power regulation circuit, 
S This circx3.it consists of a directional coupler 118 f a 
diode power detector 119 with a temperature 
compensator diode, and a microcontroller 120 together 
with O/A and A/D circuits in a custom KS1C 
{Application specific integrated Circuit) 124. 

l.o The directional coupler 118 provides a sample of 

the EF power amplifier ll?c output to the diode power 
detector lis. the W output of this detector US is 
temperature compensated by a diode. The output of 
the detector circuit is a PC voltage related to the 

15 carrier power level, and independent of the ambient 
•temperature , 

The PC voltage from the directional coupler US 
is fed to m A/B circuit in the ASIC 124, which 
digitises the analog voltage and sends it to the 

20 microcontroller 120 whore it way he digitally 

averaged before comparison to one of a number of 
desired reference levels and the power amplifier ll?c 
output adjusted to bring the directional coupler lie 
voltage to the selected awerage level, 

25 "She carrier power may he adjusted fey- varying the 

control voltage applied to an aOC amplifier 117a, 
through a 0/A circuit in tbe euetom as ic 124, This 
allows the EF input drive level to the linear power 
amplifier 117c to be varied over the desired power 

30 control range while maintaining linear operation of 
the transmitter chain, the EF power output from the 
linear amplifier 117c may be approximately 5,5 watts : 
corresponding to 3 watts at the antenna connector J2, 
In the case of a hand portable dual-mode phone, the 

35 power output level is somewhat lower at around 0.6 
watts. 
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The receive circuit operates over the frequency 
range of 80S, 04 JH& to 8f3,.5>? HHa, and isay fee a dual 
conversion saperl ? 5 .c receiver with a 71*04 MHs 
first intermediate frequency (IF) , ana s 600 kHs 
5 second if. The channel synthesiser 110 provides the 
high side, first local oscillator frequency injection 
to the receive circuitry. The channel synthesiser 
110 tunes the range of 940,68 MB® to SeS.SX MHs is 30 
Ms steps* 

10 Tee receiver circuitry includes a W amplifier 

id, a RF teandpaes filter 102, a first mixer loi, a 
71.04 m.z crystal filter 104, a second 
mixer/amplifier/csoiUater circuit 106, and tm- 
second IF filters 107, %m. 

Xo The rf input signal from the antenna enters the 

receiver through the duplexer 100, The signal is 
supplied to the RF amplifier 101, where it is 
amplified hy approximately 16 d», The signal Is then 
applied to the input of the receiver filter 102. The 

m duplexer 100 end the filter 102 provide first image 
rejection, limits conduction, of the channel 
synthesiser frequency to the antenna port, end 
protects the receiver from teeing over-driven by the 
transmit signal. 

SO The output of the receiver filter 102 is 

supplied to the first mixer 103 where it is sired 
with the signal from the channel synthesiser 110 
supplied through a buffer amplifier ill and filter 
10S. The mixer output is applied to the first IF 

00 filter 104. The filter output is applied to a 

jsixer/ajsplifier/oscillator circuit 106 where it is 
downconverfed at block 106h to 000 j«8t. After the 
downeonversion the signal is filtered by two filters 
107 and 108 and amplified by multi-stage amplifiers 

35 106c and XOSd. The 000 KB* signal has a tins varying 
phase and a time varying amplitude. Indeed it can be 
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sbotm tteat any radio signal wfe&tsoever can be 
represented by a tin* varying phase ana time varying 
amplitude, 

Alternatively f the radio signal cam be regarded 

8 m a complex vector whose real and imaginary parts 
ere time varying, To digitise the 6S0 m* IF signal 
for subsequent numerical processing, it may either be 
split into its real and imaginary components which 
are than separately digitised (so called X,Q method) 

10 or a signal related to the amplitude and a signal 

containing the p&ase information may he digitised (so 
called lOQ VOim method) * The latter is used in the 
preferred embodiment* Consegaenf ly , the IF amplifier 
stages lofic, 106a generate a signal proportional to 

IS the logarithm of th* amplitude called RSSX (Radio 
Signal Strength Indication) and a bard limited €00 
M?s XT signal containing thm phase information, both 
than being fad to suitably adapted &-to~D converters 
for digit! xing. 

20 Tbe mtm method of extracting complex 

vactor values from a. radio signal is described in 
tns. Patent m* 5,048,059, which is hereby 
incorporated by reference. The LOS POUR method 
requires a means of digitising the phase angle of an 

SB RF signal* The preferred method is disclosed in 13, S, 
Patent ho, 5 ,22® ,215. Another suitable method is 
described in O.S. Patent 5,m4,%m and both are 
incorporated hereby by reference. 

There can be three types of memory used in the 

30 dual-mode radios of the present invention, shown in 
Figure 2, K 256k sc S (2S6 .kilobit}, flash 
programmable WM 136 is need to hold the 
microprocessor operating code, and the four sets of 
operating code to be retrieved and downloaded to the 

35 DSPs 142 , 144 at the appropriate time. Beset there is 
an Bh x $ Electrically Erasable Programmable SDH 



-10- 



wo 94/10779 



PCT/US93 1(1333 



(EEPHOM) 134 which &* need for parameters which sssy 
be updated by the- user and saved during a power-down.. 
e*$., volume lsv«l, na&e and number storage... etc. 
Finally, an 8k x 8, static «fcM 138 is needed by the 
5 microprocessor for use as a scratch pad, for 
interrupt content saves, etc. 

There is a reserved area in both the flash 
memory 136 and the ZB&RO* mmmzy 134 for a »bCKSt» 
coda. This code, will be executed if and when the 

10 radio i* to be uploaded with completely new software. 
There are two DSPs (digital signal processors! 
in the dual-code radio. One DSP 144 performs ail 
transmit functions, and the other DSP 14 2 performs 
all receive functions* Bach DSP is fed by a separate 

1.5 dedicated clock from SftSXft DSP interface 122. Each 
of these ©locks is 19*4* MBZ- Tim DSPs 142, 144 
execute one instruction per external clock cycle, so 
they can execute at 19,44 m&* The clock frequency 
chosen to maximize commonality of the parts between 

20 analog and digital modes should be a multiple of 8 

mz, 30 mz and Ms. The LCM is 9.72 mz so the 

optimum cioefc frequencies for the present invention 
are preferably multiples of 9,12 Mis* 19,44 mt im 
the chosen multiple in the preferred embodiment of 

2$ the present invention. 

laeh DSP 142, 144 has two serial ports, one bi- 
directional port on each is used by the interface 
{microprocessor 120). The transmit. DSP 144 splits 
the other port between microphone PCM data PCM DSPMie 

30 and RF transmit data DSPC R3CD&T&1 , and the receive 
DSP 142 splits its other port between PCM speaker 
data PCM DSP E&H and HP receive data DSPC PlDhTA2* 

Each DSP 143 , 144 is BAM based, with a 3k word 
hoot ROM* Both DSPs 142, 144 are downloaded on power 

35 up with analog Junction software for operation on a 
control channel as explained in more detail below* 
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If ar. analog voices channel is? assigned, the cod© is 
already in the DSPs %42 f 144 to do -the job, If a 
digital c&aimeX is assigned, tooth BSS% 142 > 144 are 
completely downloaded with W software for digital 
5 mods operation fro® BAMs 14 B, ISO, which are 

controlled by DSP BAH control 146. At termination of 
the digital call or a Ktm&ott to an analog coll, the 
DSPs 144 are again downloaded with analog mode 

software - Software downloads to the DSPs occur via 
.10 the host interface and a* th« high speed rate {4.m 

The heart of the Bobile is the ASIC chin 122 
code named *K&TtE* (Figure 2} , which keeps all of the 
complicated timing retired .for digital mode 

15 operation* It is feesed on a 20 ess frame. Certain 
events occur during each of these frames, e»g*, 
transmitter on,- transmitter off, receiver on ? etc , 
This timing, the timing of turning on and off, 

is governed fey a. timing generator contained in the 

20 mm chip producing strafes* to different parts of 
the hardware x 

All tiding and f regency information is derived 
from the base station's transmit signal in a well 
known manner > The receive DSP 142 derives timing and 

25 frequency errors for the incoming signal, and reports 
them to the microprocessor 120. The microprocessor 
120 then updates the timing strofee generator and 
alters the TCXD (Temperature Compensated Crystal 
Oscillator} reference fey the appropriate amount, 

30 forming a numerically implemented; second-order 
frequency control loop, 

Hearly all radio functions pass through or in 
some way are control led by the KATIE ASIC 132, One 
very important function of the KATIE chip %22 is to 

3 5 take the low-level reference oscillator output and 
create a TTA { Transistor-Trans istor-Logic) square-' 

~X2~ 
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vave clock and several Mivided~dovn Si clocks for 
distribution to other digital devices* 



637/C) is available which describes in detail eacn 
functional block of the KATIE ASIC 112. 



savory *m*i&g«s*©»t -unit for increasing addressable 
memory beyond 64k bytes, as well as sleep »3fi, 
.p©w?r~d©wn circuits for battery conservation, Tha 
K%T1S/:KATARIKA chip includes functions which are -used 
primarily in a hand portable, telephone m well as 
functions usod by a mobile |©ar) phone* These 
functions include keypad scan interface, I*C (& 
Philips inter-chip coMsimicstions protocol! display 
driver, alert tons generator, m& some miscellaneous 
2/0 functions v 

Figure 4 ia a functional block diagram of the 
&T1E ASIC and showing the major interface types;- of - 
signal present during different modes of operation* 
Figure 6 is a diagram of the «ABBIE J ' chip and audio 
pet&s* 

The voice codec {coder/decoder} of the ASBIE 
chip converts analog voice signals to digital .signals 
and visa-versa * The digital voice signals are, 
according to the invention, even used bo implement an 
M3PS~eompatiMs analog<~FM transmission/ reception 
nodOx the voice codec is advantageously constructed 
in the preferred embodiment using companded delta 
modulation coding for digitisation of analog speech, 
eompanded delta-modulation is based not on noise 
sbaping but on companding (COMprassing the volume of 
a signal at one point end restoring it through 
eseP&JSsion at another point* 

The most well-known commanded dslta-nodulation 
principle is called coni y - iy Vo r i N s -Si spe Delta 
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or C'/SD modulation, and has been employed in 
applications where low feitrate delta-modulation wz® 
the final coding form in which the spm&ch was *tesir®d 
for transmission or storage, utilising C^SD as the 
s basis for asi oversampXed binary A«to-:o cormrtor, 

requiring aeeis&atioa aM do^nsampiing, was previously 
thought to ha complicated by tba non-linearity 
inherent in companding . Thus it is not possible, as 
in uncosjpaiadted delta iaoaulatio.n f to simply filter the 
10 bit stream, This problem is solved in the present 
invent ioh by the used of a digital syllabic filter 
and use of the digital value therefrom in tba 
decimation process * 

The speech encoder will be described with 
15 reference to Figure 13* In Figure 12, the input 

speech is low-pass filtered, in filter 180 only to the 
extent needed to prevent aliasing with the delta 
modulation titrate* In the preferred .implementation, 
the delta-modulation Mtrate is either 2003c bits/sec, 
m or 2 4 OK bits/sec, the corresponding oversampling 
factor K being 25 or 30* 

The filtered speseb is applied to one input of a 
comparator 18 :i with the principal integrator 186 
output applied to the second input. In the preferred 
2S .implementation, the principal integrator is formed by 
capacitor connected from the output of programmable 
current source 185 to ground. Programmable current 
source 185 is able to generate either a pull-up 
current f rom a currant source made with p~ type- 
s' o transistors, or a pull-down current from a current 
scarce made with P™typs transistors, such that the 
voltage on the capacitor may be In * 3 or 

decremented to follow the speech signal. The sign of 
the change, up or down, is determined as usual by the 
:3S comparator high/low decision as registered on every 
clock tick in the first slip-flop stags of shift. 

~X4~ 
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register 182. Thxs ecnirns wherhor the P or N type, 
current source in IBS is enabled. 

Shift, register 182 also delays the up/ down 
decision in three farther stages, suet that tmxr 
5 consecutive decisions are available to the digital 

syllabic filter 183, Depending on the pattern of the 
four decisions, the syllabic filter either increments 
a 12 -bit value by one or two, decrements it by one or 
two, or leaves, .SB*® resulting- 12 bit value 

Xu represents the stepsise that shall he used for 
incrementing or decrementing the principal 
integrator. This 12-bit digital representation of 
the stepsisc is used to program the current level of 
currant sources 1MB via a SJHbit D-to-A converter 

IS 184* in the preferred implementation , the ii~hit D- 
to~A converter is formed fey splitting the xa~hit word 
into three 4 -bit nibbles, -which are used to control 
the current in three, parallel current sources having 
current ratios of i*X€s25$. The current from each is 

20 controlled by using its associated 4-bit control 

nibble to control the width of its current pulse to 
one of 16 values, the principal integrator is thus 
caused to follow fchfc speech signal in a series of net 
necessarily egual up or down steps, The step 

as magnitude Is given by the 12-bit output from the 
syllabic filter 183 while the sign is given by the 
comparator decision, The 13-bit combination is thus 
a sign-magnitude representation of the series of 
steps, which, when integrated digitally in decimation 

31) filter 127, will create a numerical facsimile of the 
analog voltage on integrator capacitor Xi<S* 

The decimation filter 187 cogences therefore by 
n M.rularing the sign-magnitude step representation 
in a digital accumulator* The accumulator has a 

3S fraction l/5l2th of its own value subtracted from 
itself at every iteration to make it a leaky 

~15~ 
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integrator * necessary to ensure that- it dews wet 
drift t© one extreme or another. The fraction 
i/SX2th, corresponds to & high-pass filter having a 

S The syllabic filter's- first operation is thus 

expressed mathematically as 5 

II •» 1-1/512, Xi~l 4- »i 
where Di Is the si^aed steps rUe. 
Equating- the factor 1-1/ 512 vith an exponential decay 
io factor per clock tick period T 

SXP-vT - X-1/51S, 
results in wT * 1/512, so tor T - 1/200000 w is just 
less than 400 radians/sec corresponding to 648s, 

The second stage of the decimation filter is to 
is compute the mm of the integrated vaXoes over h 

values. The s-uat is then output every SOOOHs period. 

It can he shown that the fregue»ey response of 
the above deelamtion filter corresponds to a sin x/x 
sguared function? where 
20 x. Pi*f/S000 * w/lsOQO 

f feeing the frequency in Ha and ¥ the same 
in radians/ sec, this causes an attenuation of 
at the highest speech frequency of To 
compensate for this, the accumulator of the final 
as stage is not reset to sero prior to the next addition 
of n values, but to minus one eighth of the previous 
result. This results in emphasising the higher 
speech fregpencies and thus compensating for the 
sinx/x roil -off, 
30 The speech decoder is the counterpart of the 

speech encoder. Its function is to access a stream 
of binary coded speech samples at, for example the 
standard rats of 8000 samples per second, and to 
convert them to a corresponding analog speech 
35 vaveiorsn In line with the alternate operation modes 
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provided by the encoder, the invention allows the 
decoder to operate in corresponding- alternate modes. 

The prior arc for D~to~A conversion Is analogous 
to that for anaiog-to~digitai conversion, comprising 



A conventional h-to-h converter based on an 
accurate resistor network &.g, ? K~2P ladder, or using 
oversampled delta- or del ta-s ipsa modulation. A 
third prior art method using pulse -width sodu.lat.icn 
is also toosm.. m©» 13-bit accuracy or sore is 
needed, the technique: requiring accurate resistor 
networks may not foe suitable for integration in a 
larger silicon chip because of conflicting process 
ragui rements* The teohnlgne of ovaraampied ntm* 
eospanded delta-modulation has the disadvantage; that; 
the decimation filters have to operate at a high 
computation rate,- consuming more power. Therefore 
the preferred embodiment of the present invention 
makes use of companded delta~modulation allowing the 
hit rate to be substantially radneed while 
maintaining a given voice quality. 

h D~to~& converter according to the invention is 
in Figure 13. The input foinary-eoded speech 
:M at the standard SOuO s/s rate are first 
led by a factor to the desired delta- 
modulation rate. The heehnigue used lit upsampiar IS 0 
is linear interpolation between successive input 
samples* There is « trade-off between complexity in 
the interpolation technique used for upsampling and 
the complexity of analog filter 195 needed to 
suppress components higher than half the original 
BQVQHz sample rate* Higher order upaaupling would 
allow low-pass filter 19S to he of a more relaxed 
design, hut in the preferred embodiment where the 
seen waveform is intended to drive an 
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earphone, it vas found that adeguate p xs "see ^ss 
obtained using linear interpolation* 

The upsastBlsd values are compared in digital 
comparator m with the vain® in a digital integrator 
S 192, producing a "higher than* 4 or "lower than* 
decision* These are fed into a digital syllabic 
filter 193, generating a step r^gnitude with which 
the digital integrator will he incremented or 
decremented according to the sign of the comparison. 

10 The digital integrator value is thus caused to 

fellow the sequence of upsampled input values in a 
series of up/down steps, 

the &m& step magnitude and sign are led also to 
an analog integrator 194 ♦ this reproduces in analog 

I? form the same waveform as described numerically by 
the seguen.es of digital integrator values,. Mfcer 
low-pass filtering in filter 19$ to r*»ov* digital 
noise components higher than the maximum speech 
frequency of 3.4KHs, the analog speech waveform is 

2D available , for example to urlve a telephone earpiece. 
In the case of the encoder part of the 
invention, the analog integrator was in the feedback 
loop t© the comparator., preventing drift, while the 
digital integrator operated open loop, requiring a 

25 leakage component to prevent thrift, in the decoder 
case, the digital integrator operates within the loop 
so does not need to fee leaky? the analog integrator 
however operates open loop so requires leakage to 
control drift. The lealcy analog integrator is formed 

3(5 by use of exactly the same programmable current 

sources and pulse width controller, The difference 
is that, to introduce leakage, the integrator 
capacitor is shunted with a resistor* This causes a 
reduction in gain at lower frequencies relative to & 

35 perfect integrator, hut providing the £C corner 
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frequency is chosen veil feelov the %muz s&inimxxt, 
spsecfc frequency, say §08$, bo problem results, 
As in the cas« of the encoder t the currant 
sources can be of a simplified design if they operate 
5 into a virtual ground that is at constant output 
voltage, other hand an alternate arrangement 

of just feeding the current sources into a capacitor 
to ground can fee employed. 

The chip ineindea other A~fo~D functions 

ID such as digitising the RSSI signal to implement the 
LOGKJM digitaing method, end D~to~A functions such 
as producing & voltage under microprocessor control 
for adjusting the frequency of the TO£0 to match a 
frequency received from a base station {Automatic 

15 Preguancy control; AFC) * 

The pin labeilei CIMT on the AB81E chip Is for 
the connection of the principal integrator capacitor 
for the delta -modulation eo.dio codecs, An analog 
voltage representative of the speech waveform is 

30 created across the CSHf capacitor fey means of a bi- 
directional charge ptimp either pulping charge in or 
out to increase to decrease the voltage in ouch a way 
that it follows the deaired speech signal. This 
principle is isore fully described above. 

2S The pin labelled COT on the ABBIE chip is for 

the connection of the principal integrator capacitor 
for the delta-modulation audio codes. An analog 
voltage representative of the speech waveform is 
created across the CWf capacitor by means of a bi~ 

30 axrectional charge pump either putaping charge in or 
out to increase to decrease the voltage In ouch a way 
that it follows the desired speech signal- The ASBIS 
chip includes a serial control section that permits 
the microprocessor ISO, via the fATl S/KATAKXMA chip 

.3$ to tell ABB IS chip 124 the clock frequency used 

in this application (i.e., IS. 44 mtz} , set the 

-If- 
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internal configuration of the a~to~D 
multiplexer an- audio paths, and to } 
unused parts, at particular times 
put the proper values into the D-to-A registers (DAE) 
for D~to~& converter {OAC} channels I and 2 ana to 
transfer the digital value to fee used fey BA€ channel 

Tfe* voice codes of the chip 124 operates 

to output or accept 13 hit (at least) linear PCM 
representations of speech signals. The chip also 
contains related filters and amplifiers to, for the 
transmit path, convert the audio signal from the 
hands et/handsfree microphone into the i3~feit digital 
PCM as needed bf the transmit digital sif&&l 
processor 144 mod, for the receive path, convert the 
PCH generated by the receive digital signal processor 
14 2 into the audio signal to the handset, T&e PCM 
data in and out is transmitted in felt- serial form 
between the ABBIB and KWIE/iaai« chip, 

■the ABBIE chip 124 includes a 5 volt- in to 8- 
h it-out A-te-0 converter with. B channel multiplexer 
in which channel 0 is used to digitize the RSSI 
signal, The msi signal is processed by the 
microprocessor while scanning frequency channels upon 
power-up in order to locate the hase station whose 
analog control channel is received the strongest, 
Information msv then fee read £rcm the analog control 
channel giving the frequencies of any aval labia 
digital control channels, The digitised ESS I signal 
is used along with digitised phase information to 
construct complex numbers representing the radio 
signal for processing, Channel 2 is used to measure 
battery voltage, Channel 3 measures the temperature 
in the radio for temperature compensation, Channel 4 
measures transmit m power of power amplifier ir?c. 
Channels 1, and S through 1 are spare and are tied to 
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+5 wXte. fhe digital valu® generated by the &~to~i3 
is transmitted serially to the KATXE/KM'&RI MA chip 
X22* 

The ABBXS chip 124 also includes three B -bit- in 
5 to s-voit-out B-to-A converters of which one is used 
to control the transmitter power, another is used for 
temperature compensation, and the third controls the 
IS, 44 mz (Temperature compensated Voltage 

Controlled Crystal GseUXator} < The digital vaiw 
ID for the voltages generated on channels l and 2 are 
kept in four pairs of registers (Sag G~d*eg 3} 
internal to &BBX1 chip 124 ♦ Tbese values are written 
by the microprocessor IZQ, via the serial control 
interface, A separate pair of pins is used to signal- 
is which of the four pairs of register values is sent to 
the D-to-A conve mnels 1 and 2, The digital 

v&lae for channel 3 is sent via the serial control 
interface* A separate strobe tells the ASBIS chip 
12 4 to ess the last a hits on the serial control as 
2.0 the digital value to convert on channel 3» 

Associated with the chip 124 are several 

external components. These include, for transmitting 
a handset/handsfre* switch, a handsfree amplifier and 
an anti-aliasing filter and, for receiving, an anti- 
25 aliasing filter. These perform the anti-aliasing 

function for the transmit and receive codecs and set 
the proper relationship heiween -voltage levels at the 
microphone and handset and the PCM values passed 
to/received frost the DSPs 14.2 f 144, Xn a later 
30 version of ASBXE, these filters are internal, 
Xn addition to the previously mentioned 
components, three pins/ components deserve special 
attention, 

ECPO is the pin on the ABBIE chip 124 at which 
38 the receive audio signal is created, A capacitor 

{nor shown) conn* ; tceen that pin and an analog 
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grofcnd integrates, tne signal crated by the receive 
codec in ABSXE chip 124 , That signal is passed 
directly to the receive anti-aliasing filter, 

REIT is the external resistor that sets tee 
5 internal bias currents for all analog functions in 
ASHXl chip .124. 

MX DEBT is an internally generated 2.5 volt 
reference, it is used in the dual-mode radio as a 
reference for the transmit codec, 

10 Any control of either DSP 142, 144 for 

signalling messages to the bass station, volume 
control , analog or digital mode, etc. , is sent 
directly to the DSPs from the microprocessor 120 via 
the host interface (unnumbered) of the MflE ASIC 

IS 122 , 

The digital microprocessor 12 0 used in the 
present invention is preferably a ilfi. The S'8.0 was 
chosen due to its low power consumption and its 
standard ASIC cell form (for future integration) and 

20 its ability to address up to 1 Megabyte of memory by 
the addition of the on-chip memory management 
circuitry. The alternative is the 2X8© which already 
includes this memory management. 

The zm microprocessor 120 runs at the clock 

2S rate of the mobile reference oscillator divided by 
two or 0,72 MEk. Most if its interface to the 
hardware is ''through* the KATIE ASIC 122, The only 
X/o functions directly connected to the 
microprocessor 120 are memory accesses, a serial 

30 connection to the mobile's handset X32 through a data 
buffer 130, and the KATIE registers. 

There is a real-time operating system (QS). 
present in the software. The KATIE hSIC 122 
generates an OS *tic&* every Xms on an interrupt pin 

.3S of microprocessor 120. 
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As seen. It; f igure 4 , the KATIE chip 122 
itst«r.f&c« from the micro] r 120 (host 

interface) to comaon CLOCK,,. S*NC, and DATA to both 
DSPs 142, 144, TIi® DATA, txm the DSPs are separate, 
5 one for transmit and one for receive, Th© CLOCK and 
SYNC pulses are active continuously in the receive 
direction (from the DSPs) and only the CLOCK X® 
active continuously in the transmit direction-is bit 
words at 7S.&375 k bits/sec. In the receive 

XO direction, the DSPs M$ f 144 311st place DATA out when 
necessary. Daring downloading of the DSPs 142, 144 
this interface is configured to run at 4,86 MHa. 

fhs transmit DSP interface SI to the modulation 
waveform section 92 of the KATIE &5JC IS 4 is only 

IS active daring transmission of data* Its CLOCK, SYNC, 
and DATA rates may change depending on which mode the 
radio is in, During idle modes (control channel j 
there is no activity on this interface {except for 
occasional messages to base station) * For ana log 

m voice mode there are continuous 16 hit words sent at 
240 k words/ sac « at a buret hit rata of 4, as Jfte* In 
digital, voice mode, the interface transfers 16-bit 
words at a mean word rate of 194, 4K words/ see. To 
improve the transfer efficiency, words are collected 

25 in a buffer in the KATXS chip until eight are 

available, and then blocks of eight are transferred 
bit-serially at a burst bit rate of 4.86 188 s * 

The I and $ outputs of the modulation waveform 
section 93 of the K&TTS ASIC 124 are differential 

30 CMOS outputs., e»g,, if I * M* {VQC or S volts) , I IS 
a ground or 0 volts. These .bit streams are output at 
SV?2 mz and go through a balanced rc filter to 
create a voltage, that is applied to the transmit 
modulator IIS, The use of balanced delta-sigr-s 

SB modulation thrc ?1 • snced £ liters to drive a 
quadrature sao&ulator is novel* 

-23- 
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in <eh« prcfern=d emObotUmsnt, an inventive 
balanced filter utilizes the sheet-resistivity 
properties of deposited conductive films on silicon 
substrates and the capacitanee~per~«nit~srea 
£ properties between films overlapping with an 

intervening dielectric layer* Resistors are treated 
as distributed over ana insulated from a capacitor 
plate and thus as a distributed EC line that may he 
described by the resistance per unit length, 

10 capacitance per unit length, and length, 'The 

construction and circuit symbol for a distributed RC 
line is shown in Figure 14. 

Such RC lines haw an inherent lew-pass type of 
frequency response that attenuates higher 

is frequencies, tout the cut-off is rather gentle* 

Sharper cut-off low-pass filters generally achieve 
their characteristic with the aid of notches in the 
stop hand. 

It is known that a notch 1b the f regency 

20 response may he formed using a distributed KC line by 
connecting its capacitor plate terminal to ground 
through a resistor of specific value, for uniform EC 
lines, the notch is complete when the resistor to 
ground circuit has the approximate value 0»0S6 times 

25 the total through-resistance, and the notch f regueney 
is approximately 11.2/RC radians per second, where P 
is thm total through-resistance and C is the total 
distributed capacitance* 

Once a complete or partial notch can be formed, 

30 other frequency responses can he synthesized, such as 
bandstop, or bandpass, the latter by including the 
notch device in the feedback, loop of an amplifier. 

Matched, balanced, low-pass filters provided in 
conjunction with a quadrature modulator for the 

35 purposes of synthesizing an arbitrarily modulated 

radio frequency signal are shown in Figure 15, which 



mm* th# novel Btol conversion tfeohnigy® to 
generate, a«s wall as I a&i Q signals f their 

in Figure 15, the m»arjl«s»l I and a signals from 
S DSP 14 4 are transferred to a delta-sigma converter 
301, This device is built according to toow> art to 
generate a high bitrate stream of binary »l>s and 
! 0 ! s having a short-term average value proportional 
to the numerical input value. With a maximum 

10 poesi.nl a numerical input- value the bit stream 

produced vvuM h® lUli»- (tho voltage of a *l* 
condition being equal to the chosen supply voltage) 
while the miniwaa. numerical ispot value will generate 
the bit pattern 0000000*,. & haif~-eeaie numerical 

IS input will produce the bitstream lOlOlOlOlO, . , . 

having an average voltage eguai to half the supply 
voltage* According to an aspect of the invention,, 
extra inverter gates 2QZ are provided at the output 
of each oelta-sigssa converter to generate the 

delfa-eigma converter produces a bit stream 
1001001.00100,, having a mean of 1/3 the supply 
voltage, the complementary bit stream will be 
01X011011011 ... having a mean of 2/Srd the supply 

as voltage, The difference between these two is 1/3-2/3 
- -2/3 of the supply voltage, If the converter 
produces 111.011101110*., having a mean of +3/4 of the 
supply voltage then the complementary signal 
000100010001.,, will have the mean 1/4, so that the 

30 difference is 3/4-1/4 * +1/2 supply. By using the 
difference between the converter output signal and 
its complement to represent an I or 0 signal, the 
value re d can he posit — tx negate eve 

with a single positive supply,, and no reference 

35 voltage need toe generated. Consequently the balanced 
mixers lil>A f 1158 are provided with balanced, 
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two-wire inputs rather than single-ended inputs, that 
are responsive to the difference in the signals on 
the two wires and smresponeive to the absolute or 
«ommefi~Bode voltag e on the »e wires* 
8 High hitrate delta-sigca modulation bitstreaos 

are simply converts to the analog voltage they 
represent Barely by forcing the moving average 
voltage over a large nmaber of bits. This may be 
done using a continuows<~timc, low-pass filter having 

1,0 a bandwidth which is a small fraction ©f the nitrate, 
hut still sufficient to pass all desired modulation 
components . for the balanced signal configuration 
developed in this invention,, balanced filters 203 are 
needed between the delta-sigma convert or 201 outputs 

15 and the 1,0 balanced modulators 1 IS * 

The balanced modulators 115 »y be constructed 
is so-called Gilbert miners, 

ft. basic filter section 203 according to the 
invention include* two identical EC null devices 

20 which provide a low-pass filtering action to both 

balanced (push-pull) and common mode signals, with a 
notch in the frequency response, This filter has a 
common mode attenuation at DC and low frequencies of 
unify, as there is no resistance to ground . A 

as complete filter design may consist of a cascade of 
snob balanced sections, 

A practical problem is how to control in mass 
production the resistivity of the deposited f Una to 
bo equal to the value assumed in the design. If the 

30 resistivity varies, the whole frequency response 

scales proportionally* Double the resistivity would 
halve the cutoff and null frequencies while half the 
resistivity would double all frequencies. In the 
case where practical production tolerances are too 

3S wide to permit the frequency response to be held 
within desired limits, the another aspect of tha 
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invention maf be applied to .adjust, the frequency 

onse to ne v.i tur« This 

is acne by Beans of an inventive means for stepwise 
variation of the Urn lengtb, 
S Adjustments of the notch frequency is provided by 

meam *f & stepwise adjustable line length using an 
advantageous, inventive configuration, This is used 
vitb a matching stepwise adjustable resistor to ferm 
the adjustable notch device, 

.id The preferred implementation of the adjustable 

EC line is shown in Figure 1S> A sain, permanently 
in-circuit line section aiO is cascade-connected with 
switebafeie sections on either eida* Two switehabie 
sections '211, 212 on toe left hand side have 

IS Itnelengths t&at are a first fraction dL of the main 
line length L« The two ^witohable sections en the 
right 213 ? 214 have fractional lengths 3dL» Thus 
various effective line lengths can be achieved by 
switching the switohabls sections in or out of 

30 circuit in the following coafcinatiens: 
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An inpor m - ad by the above 

t is that th ne sections switched into 
circuit are always contiguous, no combination of 
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lines such as "in out. in" is wed. This cables 
simplification of the switching so t&at xtt* capacitor 
plates only of the lines need to he switched. To 
switch a lino section to add to the main line length, 
5 its capacitor plate is connected to the capacitor 
plate of the main line. This is don® by one of 
several switches 215-222 { e.g., hy a switch 213} . 
To prevent the lice section adding to the main line 
length, its capacitor plate is either left 

lO unconnected or connected to ground (e.g., fey another 
switch 2 m , optional resistances may he added 
between the evitch.es 215-222 ano ground, The 
switched oat sect lens therefore appear as separate, 
short rc lines or series resistors that are in 

13 cascade with the device and not additive to the 

effective main line length. Thus when the main line 
terminal is connected to ground via the nulling 
resistor of Figure 17 the frequency to the null in 
the fregueney response so created is not affected by 

2© the switched~eut sections,. 

To provide a matching, stepwise-adjustafele nulling 
resistor, the arrangement of Figure 17 could he used. 
Here, adjustment of the total effective resistance is 
accomplished by switched shunt resistors oi : high value 

25 instead of switched series resistors of low value. The 
main resistor value R in Figure 17 is divided into a 
fraction alt and a fraction {a-X)R. In parallel with 
the first fraction aR are connected two ewitchabie 
resistors Rl and R2» Switching in Rl will reduce the 

30 effective value aR to aR-dR, while switching in both Rl 
and R2 will reduce the effective value aR to aR~2dE, 
Likewise the switchatela resistors R3 and S4 allow the 
resistance (a-l)R to toe reduced to (a~l}P.~3dR or 
(a~i)R~SdR. *£hus all values of total resistance from 

35 U to R-SdR in steps of ~dR can he achieved. Since the 
adjustment of R is in the downward direction, the 



Pitches- {230 to 333} must be operated by inverse 
control signals to those of witches (215 to 218} of 
Flows 16, The value of the fraction K a« may he chosen 
so that smallest, of the four switches! resistors Rl, m f 
S m and R4 is as great as possible in order to minimise 
the influence of series switch resistance. If *a« is 
too email, then Hi and will he unnecessarily small 
while m and R4 are large, and vice versa if *'a« is too 
large, Therefore an optimum exists that can be found 

10 by calculation. 

The construction of the notch filters and 
adjustable notch filters end their applications has 
bean described tore under the assumption that 
integration on a silicon integrated circuit is the aim, 

15 but it can he. readily adapted to ether forms of 
fabrication or applications.. 

h 600 m& modulated carrier signal is always 
present at the input to the receive sample interface SO 
part of the tXSXM -ASIC Depending on the node of 

20 operation, the receive sample interface SO produces 
different outputs- to the receive DSP interface 
{unnumbered} * The 600 XBz input signal is a hard- 
limited signal of about 200 mV peak-fo-pesk. It is a 
differential signal IF 1M and IF XiV 

25 The three modes that are used in the receive 

sample interface 80 are for analog control channel 
mode, analog voice channel mode and digital voice 
channel mode. The receive sample interface B0 is 
capable of measuring several different combinations of 

38 phase, frequency, and amplitude of the incoming signal. 
In analog control channel mode, phase camples are sent 
to the receive bsp 142 using 16 -hit words at so h 
words/see* During analog voice channel mode,, phase and 
freguency information is sent alternately giving ISO k 

3S words/sec, For digital, voice mode, an 8-bit phase and 
an 8 -hit amplitude sample are packed into a 16-bit wore 
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■mnd sent to the receive DSP 142 at a rate of 194,4 k 
words/sec.* All burst bit rates ere at 4»«« Wis on this 
interface. 

There ar« two major interfaces between chip 
§ 122 and the ASBIS codec 124 as shcsm in figure S« One 
of them is used to sand audio data ( PCM } to and from 
the codec of the ABB1B chip 124 . The other is a serial 
communication* channel to set various -modes and 
parameters F each as the D to A converter values* or 

ID digitally controlled volume -control, values in ABBIE 
chip 124. The PCM interface of the ABBIE chip 1S4 
requires a burst bit rate of at least 128 mz to be 
able to transfer l& hits speech words at the S k 
sampio/sae rate. The PCM interface uses a hurst bit 

IS rats of 64 8 Mia, thus having a margin of about five 
times over the minimum burst hit rate needed* 

The aerial control interface signals are only 
active when a parameter in ABBXS is to be changed. The 
bit rate Is MB Mia and the data format consists of an 

2® 8-bit address (parameter designator) and an 8 -bit new 
value. some addresses refer to control bits for 
powerdown of unused sectiems to save power in standby 
mode. 

In a hand portable telephone according to the 
as invention, the microphone and ear-piece are built into 
the unit, When these in~huilt audio transducers are 
employed,, no communication with an external handset is 
necessary. In a mobile (car) phone, howAv** , or when 
a hand portable unit is temporarily plugged into a 
30 vehicle adaptor to adapt it to mobile operation, the 
microprocessor 120 communicates digital control, signals 
to the external handset or adaptor unit via a. Universal. 
Asynchronous Iteoeive-Tranamit (mm) interface. Audio 
signals are sent or received from the external world at 
3 5 an intermediate level of around 100-200 mV WiB using 
the ABBIE auxiliary audio input and output pine. 
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Tm power supply and control logic section 140 of 
the mobile iSicM«® the battery, ground, ignition 
s^se, horn aXert output, transpack mode detect handset 
on/off button and the mobiles internal power hold 
S signal. 

h simplified block diagram with Boolean logic of 
the power supply is shown in Figure 3, 3ft* basic 
operation is that if the power button is depressed on 
the handset, the microprocessor 130 is forced into 
10 operation, and checks the ignition sense input. If the 
ignition sense is on, the mobile will "power up* for 
the user. If not, the microprocessor will shut down 
again, 

A scenario using the power hold signal might fee 

is that the user is in conversation mods and turns off the 
ignition switch* sensing the ignition switch is off, 
the microprocessor 120 teeps power to the mobile with 
the power hold signal and releases the power hold only 
when the call has endea~turmi«g off the mobile. If no 

20 call is in progress, the lack of ignition assise power 
would turn off the mobile* 

Figure 7 shows a simplified transmit path in the 
mobile. Audio signals come fro the microphone, and 
are converted to PCM digital data by the ASBIS codec 

as 124* The transmit DSP 144 receives this data, performs 
gain control, filtering, digital voice coding, error 
correction coding and burst data formatting, and sends 
the result to the transmit interface section 70 of the 
K&xlE ASIC gate array 122 to be formed into the correct- 

30 1 & Q signals for modulation by modulators 115, In 
analog mode, the a k samples/see PCM vcics is not 
reduced by speech coding or subject to error correction 
coding. Instead, a digital implementation of the AMPS 
specif led Si! dynamic range companding algorithm is 

33 employed* Samples of the conpanded waveform are then 
converted to a frequency modulation waveform and from 
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that to phase sasplss and ultimately 1,0 vaveforas, 
feeing the COS and SX3? of the phase apples 
respect ively, 

The I H signals are applied to & pair of misters 
§. in modulator XI .5 with an in-phase ah<S a so" cut-of- 
phase signal fed in from a phase shifter 1X4 at a 
transit intermediate frequency . These are summed and 
mixed »»p« to the selected channel frequency in mixer 
lis to foe transmitted oat through a duplexer 100, In 

ID an alternative Implementation, the kisser produces 

an unmodulated carrier frequency which, is then 1,0 
modulated with the X,Q waveforms. 

Figure S is a simplified receive path. The 
received signal is mixed M down Si tram the selected 

IS channel frequency in a sixer 103 tc a "iirst" IF 
frequency using a synthesized local oscillator signal, 
<3>he receiver chip 106 then mixes and filters the signal 
down to a ^second" IF frequency, with the assistance of 
the synthesiser 110 and reference oscillator 112, the 

20 2nd If signal, them being sampled by the receive sample 
interface section SO of the KM<1£ chip X2Su The K&TIE 
chip 12 S converts the 2pd IS signal to a series of 
phase samples end a series of frequency samples and the 
ABBXE chip sim.oitaneoc.siy converts the RSSI signal to 

2S a series of amplitude values using its A-to~& 
converter. The phase,, amplitude and fx-egoeocy samples 
are forwarded to the receive DSP 14 2 for processing, 
fhe receive DSP 142 performs demodulation,, filtering, 
gain/attenuation , and in digital mode, channel decoding 

30 and speech decompression. The tm microcomputer 120 
acts as a host interface end provides other control 
operations of the system, 

This demodulated speech data is then sent to the 
hBBIE codec 124 as PCM samples to foe converted to 

35 baseband audio for the loudspeaker. 
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Digital trai 5 » of speech is facilitated by 

first racing the speech bit rate, from the f k 
attaplV»«e of 16 bit words provided by AB1I1 through 
usa of a VSELP coder. The speech coder provides a 
5 number of bits to represent; 20m segments of speech. 
Bits are classified as Class 1 bits (most significant) 
or Class 2 bits (least significant). Class 1 bits are 
subjected to the most rigid forms of error correct ion 
convolution coding and error detection by Means of a 

10 Cyclic Redundancy Chech (CHC) « These tvo outputs enter 
a 2 time slot interleaver with a S60~feit output, bach 
260 bit outpnt of the interleaver consists of X3o bits 
of the previous 2 0m speech segment plus 130 bits of tea 
current segment , 

IS This bit stream feeds the input of a. serial -to- 

parallel converter 51 (Figure 9). $fce first bit 
follows the *X S ' path while the second bit follows the 
path, and so on, as shown in Figure 
The next stage, the differencial phase encoder S3 

:20 groups these bite into pairs (symbols) and translates 
each pair into one of four signal relative phase, 
changes. For example, a symbol pair 00 represents a 
45* phase change, symbol pair 01 a 135' change, 10 a - 
4S* change, and 11 a -135* change. Pig, 9 includes a 

as 90 degree phase shifter 55 between the multiplier 
stages m and 57 as veil as baseband filters S3 and 54 » 
fhe phase shift is applied to the 8 signal. I ana Q 
t hes represent coordinates of a point on 
two perpendicular asees, allowing any point to be 

30 "arrived" at by appropriate choice of 1 and Q values. 
The seguanee of X, Q values for each symbol-pair 
is applied to a Hoot Raised Cosine filter to generate 
smooth transitions between points. Figure 10 shows 
typical signal trajectories for many symbol-pairs 

35 overiayed. 
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For mors detailed information on TJMh standards 
and compatibility, refer to XS-S4* 

modulation at the receiver is accomplished by 
means of a channel~a&aptiv« equally to provide 
tolerance of echoes in the signal path, k suitable 
equaliser may be based on the principles disclosed in 
European Patent Application 0 42S 4S8 herein 
incorporated by 



the on or pulse train sr~ &s 14 <~ 

concepts will be discussed in order to better 
understand the operation of the present invention . The 
traffic channel is the portion of the digital 
information transmitted from basse to mobile, and mobile 
to base, and contains near and signalling information 
as shown in Fig. 11. mem (fast associated central 
Channel) and user information 



and *M(«r inf ormation according to the technic disclosed 
30 in U.S. latent So. 5,230,003, herein incorporated toy 
reference, Bach TtMh frame consists cf 6 slots as 
illustrated below 5 



Slot 6 



IS 4 4 bite (972 symbols) and 
tahes 40 ms to transmit. That aguals 324 bite per slot 
or 162 symbols. All slots are equal in length, 2 hits 
» 1 styssboi per the modulation schema utilised in TDK& f 
which will be further detailed below. 

Bach slot includes the following informations 



p r m tea . 



Mobile to Base Blot Format J 



to Mobile Slot Format; 





SACCH 


Data 


C»vce 


Data 


RSVO 


as 


12 


130 


is 


130 


12-324 



Ssch full rats, traffic- channel will occupy 2 time 
slots-. The grouping will *m slot 1 & A t slot 2 & 5, 
and slot 3 & 6. There is provision in th« future for 
IS half rate traffic channels? •which would only occupy one 
time slot. Full a:nd half rats can I 



In explanation of the symbols used in the slot 
formats drawn above,, the following applies 
15 G s« Guard time 

E ■ Eamo time 

SACCH * Slow Associated Control 

Channel 



User inf ormation or FnCCB 
Coded Big 1 t a 1 



Verification Color 



Average net data rate is 13 k &it/sa© for a full rate 
2S digital traffic channel . : 

Mobile FF output is in earriar-~o£f mode during the 
guard time. Samp tiam gives the motile a 3 symbol 
duration to reach the power level (PL) ordered fey the 
base station, The mobile ssust he within 3 dB of 
30 assigned PL by the end of the second symbol. When 
eoromamled to carrier-cff mode, the mobile output falls 



WO 94/ 10779 



IXT/1 « 103 I 



below ~€0 dfo within 3 symbol periods. For example, our 
mobile is on traffic ehann&l m&<& transit-ting on 

slots 1 «nd 4. During tft* other slot intervals 2 f 3, 
5, and 6 f the mobile xsust be off because other mobiles 
5 will be transmitting on those other slots or traffic 
channels which will all he using the same TX frequency 
and the same receiver beck at the base station, 
Forward and reverse timing are offset, 

In the forward direction a i4~symbol spc field is 

10 used for slot Identification, equaliser training, and 
synehroni z at ion ♦ 

<X>he T-l system of time-muitiplerad digital speech 
or data signals i» similar to this system inasmuch as 
each traffic channel is allocated & portion of the 

IS total time in a "round robin** fashion, base 
station transmits a ferret of information to «&ch of 
three mobiles in turn and then continues with the neset 
burst of information for the first motoi.lv again, and so 
on, The sync words and CDVCC identify to the mobile 

20 which hurst it should wswiw* 

In the reverse direction, each of three mobiles 
transmits in its turn to the same base station 
receiver? the syne words and CDVCC symbols included in 
the burst identify to the tease station which mobile the 

25 hurst came from, The difference between the two 
directions of transmission is that, whereas the base 
station transmits continuously, each mobile transmits 
only 1/3 of the time and so its transmission starts and 
stops, Too function of the * ramming" symbols at the 

30 beginning and end of the mobile transmit burst are to 
effect a smooth start and stop to the transmission so 
that unwanted spectral spreading of the signal into 
neighboring channels is avoided* 

How it is established that the only thing sendable 

3S or receivable on these digital traffic channels is 
digital, data, »l*s» and *o , ««. The phone will need a 
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&&thod for converting all sssor Inf oration into this 
format, i.e.,- r/4DQPSX modulation process. 

Speech coding is done by a process called voct©r~ 
Bam Excited Linear Predictive Coding (VSELF) the 
S details of which appear in the IS-S4 system standard 
specification Mentioned a»we. Ttm VSKU? coding is 
performed by a vocoder implanted in the DSPs? the 
encoding pert implemented in the transmit DSP 144 and 
the decoding part implemented in the receive mp Uz, 

10 The premi.ee behind this method of coding is that doe to 
5 I I peeeh and audio va ttern 

it is not necessary to transmit the entire waveform. 
It is possible to extract the key components, 
reconstruction bits and perform error correction (CSC) 

IS and still run at a reduced hit rats, At the receive 
end the signal is reconstructed utilising indorsation 
stored in the phone and ceil sit* codehoobs. In effect 
it »mis~i»~tfc*~blaaks „ * It is due to this repetition 
and bit interleaving that small drop-outs of the data 

26 cannot be detected hy the user. 

fhe speech coder usee Vector-Sum Excited Linear 
Prediction (VSS3UP3 to compress the a k words per second 
to about 8 k bits/second. The principle is to nee 
knowledge about the repetitive nature of speech to 

25 construct a formula with dynamically varying 
coefficients to represent the speech. These LPS 
coefficients are transmitted as part of the 8 k 
hits/ second speech, The remainder of the a k 
bits/second is used to transmit information on the so- 

30 celled fS residusr% being the error between the 
prediction using the formula, and the actual speech 
waveform, Furthermore* the number of hits needed to 
represent the resides! is reduced by likening 5 mS 
sections of its waveform, to prestorsd waveforms in a 

3S "cods boo! , d t % emitting >.nly the code boot entry 
numbers instead of the whol* - ng audio 
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first goes through 3 processes to &ake the V0- 
conversion which are Level Adjustment, Bypass 
filtering* and Analog to Digital Conversion (13 -bit 
resolution) . 

S The audio sampling rata is?. & Mis, once again lihe 

a 1-1 line* 



The following is & detailed explanation of digital 
call processing, The analog call processing ie very 

IS similar to the digital sail processing, and the 
following will serve as an explanation of both with 
virions differences noted at appropriate locations. 

When c. • t ng power is m.pp%±&& f the phone will 
enter its initialisation and self-feast routines * Tbm 

15 mobile determines from its mm programming whether to 
scan system & or B dedicated control channels » ns the 
mobile scans ail 21 primary control channels * it also 
examines the signal strength* Digital capable base 
stations still use the seme analog control channels as 

20 before, along *ith the analog-only mobile stations. 
The dual-mode phone is still in analog mode at this 
point. 

The mobile now tones to the strongest dedicated 
control channel to correctly decode a system parameter 

23 overhead message within 3 seconds, for example, and 
update the number of paging channels, the first paging 
shannel* the last paging channel, enable and set 
increment for autonomous registration (if motile is 
capable) t and set the Protocol Capability Indicator 

30 (PCI) to the val«e read from its respective field. 

The last mentioned step is where the analog and 
digital phone begin to differ* PCX is a 1-bit field in 
the first word of the system parameter overhead message 
that indicates whether a base station is digital 

55 capable. If PCX indicates analog only, the mobile 



station will enter the scan secondary set of dedicatee 
control channels task- This could toe considered en 
attempt to locate a digital capable Case station. This 
procedure is topically the same as the primary scan. 
5 If PCX indicates digital capability the mobile enters 
a Primary Paging Channel Selection, 

If the mobile cannot complete this process on 
either primary or secondary, then the mobile can loo*, 
back at its system (e/B) preference and change it i f it 

10 is enabled, and repeat this process- »so SERVICE** is 
the indicated result until the mobile successfully 
completes this process . 

The digital mobile in the service area of a 
digital base station or cell site then examines the 

IS signal strength in the paging channels and enters the 
verify Overhead information task. The mobile sets the 
fedt-For-Qverhead-Mess&ge bit (MfCM) to zero, Once 
again the mobile has 3 seconds to tune to the strongest 
paging channel , receive the overhead message train.* anil 

2D update the SlS-System Identification, the Roam status 
(an internal comparison with stored SXDJ , and the Local. 
Control Status (enable/disable)* 

If the mobiia cannot complete this task, then the 
mobile will attempt it on the second strongest paging 

25 channel. It that fails t then the mobile will check a/B 
select again in an attempt to render service. If all 
fails, then the mobile goes back to scan primary set of 
dedicated control channels. 

If the mobile system is successful, it now enters 

3 0 Idle at the Response to Overhead Information task. 
During the «Xdie*» task the mobiles station will execute 
the 4 following tasks at least every 46,3 milliseconds? 



* Response to overhead 

information-ouch ei SID 

35 comparison, number of paging 

~3§~ 
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otx.r-1 lilies oit 
x*&& mx hit, set roam status,- 

&®t&Tmlm control channel 
hoimdaries* fh&rfe is also a CPA 
bit on this fcr*itt» If it set to 
asro, then fch® aecsss and paging 

roles** This* applies to either 



when forward 
control page isessagss KIN equals 
mobile m$* When a match agists, 
the mobile 
task with 
indication. 



K- » » to act on the 

Call initiation-Rob ilea indicates 
call, System Access is entered 
with an origination request* 



origination of a 12 seconds maximum, a page response of 
a 6 seconds maxiaiHa, an order response of a 6 seconds 
maximum and a registration of a & seconds maximum in 



The mobile then examines signal strength on each 
of the access channels ^ tunes to the strongest,, and 
30 enters the Retrieve Access Parameters, task, Next, it 
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id seizure attempts limits 
(10 si&xiro} and initialises their counters to a«ro. 
The read control-filler bit (SCF) is read, if it 
equals se.ro, then the jsobile most set the DCC f WFOH, 
SDGC1, SDCC2 to received values and set PL to the value 
in CMC field of the message and the station power 
class* Via the WW (wait for overhead message) bit, 
the mobile will he instructed to either update its 
overhead information or seise the 



In sizing the SCC (Reverse Control channel} f the 
mobile first reads the busy hit,. Presuming it is 

idle, the mobile tmntm *m- the transmitter to the 
appropriate fre<pem*y end tmcm within 3 m of specified 
IS PL, it sends its message to the base station. The 
message content will be detailed later, A failure at 
this point will increment the seisure failure counter. 
If the busy/ idle bit tm the FCC < Forward Control 
Channel) changes to fetsssy between the s«th and 104th. bit 
20 of the mobile's message train, the mobile sends its 
the four types of messages sent on a 
origination, order cosfiaation, and 
cmposed (of one or more of five 



Abbreviated Address Word (always sent) , 




ord-for digital request, 
registration, RCF~i ? 2~~ 
word page (D a B1 , or change of ROAM status. 



wm4/wm 



s u a 



C\ Serial Ku»b»r «ord, 

Ox First Word of the Called Address 
(origination) * 

E, Second Word of the Called Address 
5 (origination) - 

After sanding the complete fee&sage, the mobile 
sands an unmodulated carrier for about ma before 
turning it off, for Sffi order conf ireatioo^ the mobile 
enters the serving-System determination which is self 

10 explanatory, for the atter reg»ssts f the mobile has a 
seconds to perform the Await Message task. For toe 
digital capable phones this is an initial Traffic 
Channel designation Massage which npdaf.es its 
parameters, usually performs autonomous registration 

la update, supplying a "success" indication, Steact step 
for the mobile is the Confirm Initial Traffic Channel 
K*«3U*st. Even if the user chooses to terminate at this 
point, the call will switch to a voice or digital 
traffic channel to terminate* 

id In order to go digital, within 100 ma of th^s 

receipt of the initial traffic channel designation the 
mobile tunes to the designated channel, set mcc to 
received value, set TX and m rate to that received by 
the message field type, set the time slot as Indicated, 

25 set time alignment offset to reference, and once 
synchronised, turn on the transmitter in the DTK-high 
state at line power level- designated by the vmc field 
of the Traffic Channel Designation Message, The mobile 
transmits shortened bursts on the channel until a 

30 physical Layer Control order with a time alignment 
setting is received. 

For a page response, while still in the DTX-high 
state the mobile enters the Waiting For Order task. If 
the 5 second order timer expires the mobile turns off 

25 the transmitter and reverts back to system serving 
determination. If the mobile is in DTX~l©w state and 
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a forwa *>® wstoil* r&sp 

on the Fast Associated Control Channel (imcCE) * Within 
100 of a F&CCH or SACCH (slow) , the mobile will 
tmponA accordingly to the following : 
§ Alert with xnio-mft saoMX© 

oh^r-i , ^ r^Mi up to 12, 




physical layer astral- includes traffic channel 
10 power, time aiigsimt, and DTK messages,. 

release-call t»fc»3*ation order, 

wkint*mnc*~mctoit* acknowledge, and Wait For 
Answer task, 

audit-mobile a«Jmwi«a#e, wait for ©r<t«r, 

15 local eontrol~if enabled, mohile determines action 

to ta&e, 

hand©£f-A/0 or »/A. f and 

statue re.qtiest~ee.od status message and wait for 

30 In waiting for an answer, the operation is 

inhibited tor X,.S seconds and alert, timer is set to 65 
seconds. The following say then happen; 



After 65 seconds the timer expires and the 
transmitter is shut off. 
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sent, th® bases station should acknowledge , and 
limit iovss to conversation mods. The connect 
message will be sent to the base up to three 
5 times prior to the 65 second time-out. 

The mobile may also receive any of the following 
messaged on te® F&CCB or SACCH. 

Alter with information welch mobile 
responds with ACS f regains in Waiting for 
m Answer Mods and resets alert timer* 

Other orders are nearly identical to the 
Waiting for Order listed above . 



the nmt step is to enter the conversation Mode, 
If this had been an Origination Access ratter than a 
15 Response~~the path taken several steps earlier— the 
mobile would have gone directly to the conversation 
task. 

In the conversation mode, once again hfX 
transmission is inhibited for 1,5 seconds and the 

20 mobile remains in high state. Depending on service 
requests, the following »*y occur % a Release-User 
terminates call, flesh with information, send OTF } 
change preferred service, Message-As before™ this may 
contain handoff or information measurement orders, 

as audits, etc. 

To Digital channel Traffic Channel a handoff 
involves sanding a Mobile hCK f turning off the 
transmitter , adjusting Fb> tuning to new 8.F channel, 
setting DVCC to the received value, setting TX and RX 
3D digital mode, set time slot to received value. 
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figuring voice codec,- setting time alignment set, 
upon s%" -tar, 
resetting fad® tiswr, inhibiting DTX fox- i.s seconds, 
remaining in wait for wnswtr state* mis is 
a considered a Mobile Assisted HandOff (mm) as tfee. 
mobile performs Channel Quality Measurement <»CQW«) 
which contain Received Signal Strength Indication 
C«R$SI«) and Bit Error Rat* <*BBR") of channels (12 
max) specified by the system including the current 

10 traffic channel. The mobile then transmits this 
information bach to the base station for han^off 
evaluations* 

To Analog Voice Channel a hand-off involves 
sending a Mobile &.CK, taming off the transmitter , 

IS terminating adjusting the power level, tuning to 

new channel , adjusting to new SAT, setting tc a SCC 
receive value,, turning on the transmitter , turning on 
ST, and resetting fed* timer,- then waiting for answer 
on analog channel, 

m Upon releasing the mobile returns or remains in 

DTK-high state, User termination generates release 
message and the mobile may receive Base Station ACS- 
tnrneff transmitter or Alert messages on the FACCH, 
If baas station acknowledgement or alert is not 

25 received within SOS ms after sending the release, it 
is retransmitted np to 3 times, With no further 
acknowledgement the mobile will turn off its 
transmitter. If base station ACK is received, the 
mobile will acknowledge prior to turning off its 

3 0 transmitter. 

A mobile may transmit further information 
messages on the FACCH or SACCH, Some messages on the 
"i s la require ceil site ec; nent. If tisecat 

expires before confirmation f - the mobile retransmits 

3S the message on the same control channel. After a 

~4S~ 
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specified number of attempts, the mobile will abort 
transmission of the «sa#, 

When the mobile nes.saga requires an 
acknowledgement from the cell site, the mobile will 
s wait for a confirmation of that message before engine, 
a different messege* Channel quality measurements 
are the exception to this nils. 

Supervision is accomplished on the digital 
traffic channel with the covet, rather than SAT .< It 

IP is contained in each forward and reverse slot with 
2SS possible combinations* In DTK-high state # the 
CDVCC is transmitted at all times. In the BTX-Iov 
state, CDVCC is sent with FACCH messages, Time-oat 
intervals are 200 ms for a full rate FACCH and 1200 

1.5 ms for a full rate SACum M.1 reserved bits 
will, be set. to «sero«« 

For digital RF emission requirements* in digital 
mods the mobile transmit frequency should track 
within t 200 m of a frequency value 4S *B* lower 

20 than the corresponding base station transmit 

frequency. It should not be more than 1 K.Hr. off— 
frequency during channel switching without inhibiting 

Transmit antenna connector output will not 
SB exceed -60 dB in the carrler-off condition. When 

instructed to go -to earrler-an condition, the mobile 
should be within frequency specifications and within 
3 dB of specified output power within 2 ms* When 
instructed to go to carriar~o£f condition, transmit 
30 power must not exceed -60 dh within 2 ms* 

Total emission power in either adjacent 
channel will not exceed a level 26 dB below* mean 
output power. Alternate channel emission will not 
exceed 45 dB below mean output power while channels 
35 located ± SO kHz from center will not exceed 60 dB 
below moan output or -43 diW, whichever is higher, 

~4i~ 



Class XV is available far dual-mode phones* 
this enable;- t: he mobile via the Physical Layer 
control Massage from tim base station to drop to 
power levels «8» or -26 «b, »9» or -30 dS, and *10* 
5 or -34 d&« 

Digital voice ana data signals will Use the 
modulation method known as */4 shifted, 
differentially encoded quadrature phase shift keying 
(ir/4DQPSK) , 

10 Is conclusion, the present invention provides a 

dual-node <3?tm compliant cellular phone at a 
reasonable cost to the end user, implementation of 
these phones in conjunc m with digital carrier 
equipment will bring needed relief to congested 

IS systems, increase airfime revenoe, and reduce capital 
costs for construction. 

From the foregoing description of a specific 
embodiment, others can readily modify and/ or adapt 
for various applications such specific embodiments 

20 without departing from the spirit and scope of the 
present invention* therefore, such adaptations and 
modifications should fee and are intended to be 
comprehended within the waning and usage of 
equivalents of the disclosed embodiments. It is to 
he understood that the description and terminology 
employed herein is for purposes of description and 
not limitation* 
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receiver means for receiving transmitted 
s signals and for converting said signals into a 
frequency signal? 

a transmit circuit for modulating and 
transmitting signals; 

signal processing circuitry for processing 
10 said frequency signal and said signal to he 

transmitted, sain processing being swi tenable between 
analog or digital communication isodes? and 

switching means for switshiftf between 
analog and digital communication modes? 
X§ wherein substantially the same circuitry 

processes signals in analog and digital modes. 

Z.. The apparatus according to claim I, therein 
said signal processing circuitry includes a transmit 
digital signal ; 
20 digital signal 



3, The apparatus according to da in 2, wherein 
said signal processing circuitry further includes a 
microprocessor and an application specific integrated 
circuit f&STC}, 

4* **tie apparatus according to claim 2, wherein 
said ASic includes a voice A~to~D and D~to~A 



5, S?he apparatus according to claim 4, wherein 
said transmit digital signal processor, said receive 
3 0 digital signal processor and said ASIC process said 
signals in digital and analog communications, 

~4B~ 
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! lh€ ?p&ra s& acc Ing to claim 5, wherein 
said switching means i cl«d©$ dcwnio ling program 
information into said tr&nsmit digital signal 
processor and said wc«iw digital signal proeiilm 
when said communication mode is switched, 

7. h multi-mode cellular radio telephone 
capable of transmitting in a digital 



Beans for digitizing a speech signal for 
xc transmission to generate a stream of PCM samples; 

processing means capable of processing said PCM 
samples for either digital, speech or analog-Fit speech 
transmission modes to obtain X and Q signals? and 

quadra-tare modulator saaans for processing I and 
.15 Q signals to obtain a s&odul&t&d radio fregoenoy* 



8, A mati~mode cellular radio t«l® 
according to claim 7, wk«r*£» said processing means 

program storage means dynamically reprogrammable with 
instructions to perform said digital mode processing 
or said analog mode processing according to a mode 
control signal received from the cellular network, 

A ssuXti-modc cellular radio telephone 
capable of receiving digital speech signals or analog 
speech signals comprising? 

down conversion means to convert a received 
signal to a suitable frequency signal,? 

vector anaiog-to-digitai conversion Beans to 
convert said frequency signal to a stream of complex 
numbers preserving phase and amplitude information .? 

numerical processing means capable of processing 
said complex somber stream in one of a digital speech 
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reception mode and analog speech reception modo in 
orfsr to obtain speech samples? 

D~to~h conversion naans to prcwss said speech 
samoles Into an analog signal waveform for driving a 



10, & 38^1ti-iSoa« cellular radio telecom 
according to claim 9, in which said 5 
processing means inolo 
processor comprising | 
tee dynamically reloaded with a program corresponding 
either to said digital mode or said analog male 
according to a control signal received from a 
cellular network, 

11. k muXti~»©&* cellular radio telephone 
capable of transmitting in a digital mode or an 
analog mode comprising 5 

means for digitising a speech signal for 
transmission to generate a stream of BOH samples * 

processing means capable of processing said 
PCM samples for either digital speech or analog 
transmission modes to obtain at least one 
signal? and 

modulator means for processing said at 
leaet one control signal to obtain a ssodulated radio 



12* h multi-mode cellular radio telephone 
according to claim 11, wherein said processing means 
includes a programmable signal processor comprising 
program storage means dynamically reprogrammable with 
instructions to perform said digital mode processing 
or said analog mode processing according to a mode 
control signal rec ■ ' • . - rom the cellular network, 



-50- 



18332 



r 32 




or 




Ml 



w — ~w — — ^ „ 






™1 

















16 



•a* *-A 



-MS 



J/1 8 



wo wnwm 



PCT/ US93/ 1 CB32 




5/18 



wo m/imn 



?cinjsnrms2 




4/16 



W0 94/1877$ 



PCT/liS93/I0332 




i/1 6 



PCr/US93/t0332 




6/1 f 




7/16 



wo m/im$ 




9/18 



WO §4/10779 




10 /IS 



vmmwm 



pcr/wwvtm 




mm/mm 





Z 



13/16 




1 4 / 1 S 



WO 94/10-9 



PC! I S93 H>332 





it/us: 



INTE8f*AT10hiAL SEARCH «f>OBT 



A. CLASS3HCA1 


SON <:><• SUiUKC? nsa 








X5. 27/00; K0*B 13/02 






US CL ; 375/5; -45 


5/142 






FIELDS SEARS : 


O.S. : 375/5; 455 


33,1. 142; 37W&5 













X t P 


US, A. 5,251 .232 {Nonamii 05 October 1993, 00!- 2, line 51 
to col 3, line 20 


1 


A.P 


US, A, 8,183,158 (Rich st af] ID No^mber 1892 


1,2 


A 


US, A, 8,020,078 (CahOi at a!) 28 May 1991 


1,7 


A 


US, A, 4 f 835,782 (Bavarian) 30 May 1988 


1,7 


A 


US, A, 4,355,401 mmm m air It -October 1982 


1,7 




PCX . Ul > \k'OD' 



WO 94/18779 

May Vmm. 05.94) 



57 October i 993 a?.10<»3) 



j v 

i'^'V. <»>» » M < t ♦ 

S^g. - EKFLUNU), Biom. 0., P. ; Qv 3tfS c«bo (? s- 

\ k V i 

asid Pi-iiicc S'rsm. P.O. Bos NiK, Aicsanciris, Va 



: AU, CA, FLJP, KR, RU. 



:: J. )»«« f:23.i%«4) 



WO 



AMENDED CLAIMS 





25 digits! modes. 

SI) 4 The , p^' i^ninu cuun 3 a - W ASK **. hw^ * \ * to 

D and Tmo-A cocvenar. 



si 



WO 94/10??* 




6. The apparatus according to claim So wherein & 
downloading programming Mommtioa into said mmw&t digital signal processor aM s 
receive digital signs! processor wkm said modes are switched. 




Kscessing means md&dss a programmable 



to claim 7, wtereia said 




vector ! , s conversicei k >c to > said > o > ^ 

! io a stmar? m v xk< - < - \ 

wxm&ticii processing means capable of processing sate! stream of compte 
>srs in one of a & 



5 2 



WO f 4/1 (1779 



P :i US93/1 i $2 



si ml wave? < spate 

5 numerical, processing mcons hidudes a programmable signal processor comprising 
wogran \? o joa i n c Hy rio * oJ 

either to said digits! mode or said analog mode according to a control signal received 




1 ff n < i Mgnai process, * < 

* <or > > , ^ r>m>ctioi& to perfi' ' ' > 

from the ! . r network. 



53 



